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Analog-to-digital-converting and suppressing system 



The invention relates to converting an analog wanted signal into a digital 
wanted signal and for suppressing an analog unwanted signal, and to a receiver comprising a 
tuner and a channel decoder, and to a tuner and a channel decoder for use in such a receiver 
Examples of such a receiver are televisions, set-top-boxes, mobile terminals 
5 like mobile phones, and modems. 



A prior art system is known from WO 00/55977, which discloses an analog 
filter and an analog-to-digital-converter in a radio receiver. This radio receiver receives a 
10 radio signal comprising modulated analog and/or digital information. The radio signal is 
frequency down converted into an intermediate frequency signal. Due to frequency 
conversions, disturbances and non-ideal components, this intermediate frequency signal 
comprises not just an analog wanted signal (comprising the modulated analog and/or digital 
information)^, but also an analog unwanted signal. The analog filter suppresses the analog 
15 unwanted signal and passes the analog wanted signal to the analog-to-digital-converter, 
which converts tiie analog wanted signal into a digital output signal. 

The signal-to-noise-ratio (SNR) of a digital output signal of an analog-to- 
digital-converter (ADC) depends on the ratio between a peak level of the wanted + imwanted 
signals, which can be dominated by a strong unwanted signal, and the root-mean-square level 
20 (RMS) of the wanted signal. A higher clock frequency and/or a higher (effective) nimiber of 
bits in the analog-to-digital-converter can be used to improve the performance. The 
expression is as follows: 

SNR[dB] = 6 ENOB + 1.76dB + lOlog(Uodk/Bd - 201og(utot4«ak/usju4s) 
Wherein ENOB = the effective number of ADC bits (ADC is not ideal); 
25 ENOB < N = the physical number of ADC bits; 

tdock = the clock frequency of the ADC; 

Bs = the wanted signal bandwidth; 

Utot.peak = the peak voltage level of the wanted + unwanted signals; 
Us3Ms = the RMS voltage level of the wanted signal Us. 
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The analog filter before the analog-to-digital-converter is normally intended 
for maximal suppression of the unwanted signal in an adjacent channel, without affecting the 
wanted signal spectrum. As can be seen in the formula, the signal-to-noise-ratio will increase 
5 by that. By reducing the (effective) nimiber of bits, the signal-to-noise-ratio will also 

increase. This property makes a trade-off between both possible. Some other possibility, seen 
from the formula, is the possible reduction of clock frequency, which is allowed when the 
peak voltage is reduced. 

The prior art system is disadvantageous, inter alia, due to comprising an 
10 analog filter that should not affect the analog wanted signal spectrum. To maximally suppress 
the analog unwanted signal, without affecting the analog wanted signal spectrum, the analog 
filter must have a high complexity. When siqppressing the analog unwanted signal to a certain 
degree only, without affecting the analog wanted signal spectrum, the signal-to-noise-ratio of 
the analog-to-digital-converter will decrease. 

15 



It is an object of the invention, inter alia, to provide an improved system for 
converting an analog wanted signal into a digitzil wanted signal and for suppressing an analog 
unwanted signal. The invention is defined by the independent claims. The dependent claims 

20 define advantageous embodiments. 

By introducing the analog filter for not just at least partly suppressing the 
analog imwanted signal but also at least partly suppressing the analog wanted signal, the 
analog unwanted signal in an adjacent channel can now be suppressed better than before, at 
the cost of also partly suppressing the analog wanted signal in a wanted channel. By 

25 introducing the compensator for compensating the digital output signal for the partly 

suppressing of the analog wanted signal, the wanted signal is restored. As a result, (limited) 
suppression of signal components by narrow filtering is now allowed, which Avill be 
compensated by an inverse selectivity curve in the wanted signal bandwidth after the analog- 
to-digital-converter. Due to the narrow filtering, significantly more signal power fix)m the 

30 adjacent channel can be suppressed with an analog filter of the same order (complexity, 
number of components) as before. 

The improved system according to the invention offers the possibility of 
achieving a better signal-to-noise-ratio of this system compared to prior art systems. 
Altematively, the signal-to-noise-ratio of prior art systems can be achieved by using a less 
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complex and/or less expensive and/or less power consuming analog-to-digital-converter 
having either a lower resolution expressed in a lower number of bits or operating at a lower 
clock frequency. Further, combinations of slightly improved signal-to-noise-ratios and 
slightly less complex and/or less e>q>ensive and/or less power consuming analog-to-digital- 
5 converters are now possible. 

A first embodiment of the system according to the invention is defined by the 
compensator comprising a digital filter or an equalizer. Such a digital filter or equalizer for 
example performs digital signal processing and is common in the art 

A second embodiment of the system according to the invention is defined by 

10 the analog wanted signal being a low intermediate frequency signal. For low intermediate 
frequency receivers or low IF receivers, the system according to the invention is 
advantageous due to adjacent channel selectivity being realized on an analog integrated 
circuit before entering the analog-to-digital-converter. 

A third embodiment of the system according to the invention is defined by the 

15 analog wanted signed being a zero intermediate frequency signal, with a first set of analog 
filter, analog-to-digital-converter and compensator converting and suppressing an in-phase 
signal and with a second set of analog filter, analog-to-digital-converter and compensator 
converting and suppressing a quadrature signal. For zero intermediate frequency receivers or 
zero IF receivers, the system according to the invention is advantageous due to adjacent 

20 channel selectivity being realized on an analog integrated circuit before entering the analog- 
to-digital-converter. 

A fourQi embodiment of the system according to the invention is defined by 
the analog filter and the compensator being matched. The required filter characteristics 
before and after the analog-to-digital-converter need both to be well defined. In this case, the 

25 filters are matched by design, and any adaptivity and/or control loop in the compensator 
is/are avoided. 

A fifih embodiment of the system according to the invention is defined by the 
compensator being adaptive and/or comprising a control loop to avoid any matching between 
the analog filter and the compensator. By adq)tively filtering in the distal domain, the digital 
30 system corrects for fi:equency characteristic errors. 

A sixth embodiment of the system according to the inveation is defined by 
frnther comprising an amplifier for amplifying the analog wanted signal and the analog 
xmwanted signal. This amplifier is coupled to an input of the analog filter and allows the 
input range of the analog-to-digital-converter being used optimally. Compared to being 
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located after the analog filter, the location of the amplifier before the analog filter is better for 
achieving a low noise level. 

A seventh embodiment of the system according to the invention is defined by 
fiirther comprising an amplifier for amplifying the analog ou^ixt signal. This amplifier is 
S located between an output of the analog filter and an input of the analog-to-digital-converter 
and allows the input range of the analog-to-digital-converter being used optimally. 

Embodiments of the method according to the invention and of the receiver 
according to the invention correspond with the embodiments of the system according to the 
invention. 

10 The invention is based upon an insight, inter alia, that prior art systems, in 

which the adjacent channel is not suppressed completely, liave a relatively bad signal-to- 
noise-ratio, which can be improved by increasing tiie resolution of the analog-to-digital 
converter by increasing its number of bits (more complex and more expensive) or by 
increasing its clock fi-equency (more complex and more expensive and more power 

15 consumption), and is based upon a basic idea, inter alia, that the analog unwanted signal in 
the adjacent channel can be suppressed better than before, at the cost of also partly 
suppressing the analog wanted signal in a wanted channel, whereby the partly suppressed 
analog wanted signal can be compensated and restored, after the analog-to-digital-converter, 
by using a compensator. 

20 The invention solves the problem, inter alia, to provide an improved system 

for converting an analog wanted signal into a digital wanted signal and for suppressmg an 
analog unwanted signal, and is advantageous, inter alia, in tiiat the signal-to-noise-ratio of tiie 
system is improved, whereby alternatively a less complex and/or less e?q>ensive and/or less 
power consuming analog-to-digital-converter can be used having either a lower resolution 

25 expressed in a lower number of bits or operating at a lower clock firequency. 

These and other aspects of the invention will be apparent fi*om and elucidated 
with reference to the embodiments(s) described hereinafter. 



30 In the drawings: 

Fig. la - Id show in block diagram form (a) a prior art system, (b) a system 
according to the invention both for zero intermediate firequency signals, (c) a prior art system, 
and (d) a system according to the invention both for low intermediate fi*equency signals; and 
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Fig. 2 shows in block diagram form a receiver according to the invention 
comprising a tuner according to the invention and a channel decoder according to the 
invention. 



5 

The prior art system 23 for zero intermediate frequency signals as shown in 
Fig. la comprises a series circuit of an amplifier 6, an analog filter 8, an analog*-to-digital 
converter 5 and a digital filter 10. The amplifier 6 receives a zero intermediate fi'equency 
signal comprising not just an analog wanted signal indicated by '"w" in a wanted channel 

1 0 (with modulated analog and/or digital information), but also comprising an analog unwanted 
signal indicated by '\mw" in an adjacent channel. The analog filter 8 does hot have any in- 
channel roll-off, and therefore leaves the analog wanted signal substantially as it is, and 
suppresses only a part of the analog unwanted signal. As a result, the adjacent channel cannot 
be suppressed completely, and a part of the analog unwanted channel, together with the 

15 analog wanted channel, will be supplied to the analog-to-digital-converter 5. The limited 
resolution and the limited input range of the analog-to-digital-converter 5 are then available 
for converting the entire analog input signal comprising the analog wanted signal and the part 
of the analog unwanted signal not filtered completely. In other words, at a predefined clock 
frequency and for a predefined input range, some of the bits of the analog-to-digital-converter 

20 5 are available for converting the analog wanted signal, and the other bits of the analog-to- 
digital-converter 5 are required for converting the part of the analog unwanted signal not 
suppressed completely. This is relatively inefficient, and decreases the signal-to-noise-ratio 
of the system 23. Digital filter 10 filters a digital output signal coming firom analog-to-digital- 
converter 5 to suppress a digital unwanted signal in the adjacent channel for improving the 

25 performance of the system 23. 

The system 22 according to the invention for zero mtermediate fi'equency 
signals as shown in Fig. lb comprises a series circuit of an amplifier 6, an analog filter 2, an 
analog-to-digital converter 5 and a compensator 4 (like a digital filter or an equalizer). Hie 
amplifier 6 receives fiie zero intermediate frequency signal comprising not just the analog 

30 wanted signal indicated by "w" in the wanted channel (with modulated analog and/or digital 
information), but also comprising the analog imwanted signal indicated by ^hmw" in the 
adjacent channel. The analog filter 2 has in-channel roU-ofl^ and therefore suppresses the 
analog unwanted signal in the adjacent channel now better compared to the prior art situation 
as shown in Fig. 1(a), at the cost of also suppressing a part of the analog wanted signal in the 
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wanted channel. As a result, at a predefined clock frequency and for a predefined input range, 
according to the invention, more bits of the analog-to-digital-converter 5 are available for 
converting the analog wanted signal, and less bits of the analog-to-digital-converter 5 are 
required for converting the part of the analog unwanted signal not suppressed completely. So, 
5 in the system 22 according to the invention, the analog-to-digital-converter 5 is used 
relatively efficiently, which increases the signal-to-noise-rado of the system 22. By 
introducing the compensator 4 for compensating the suppressed part of tiie analog wanted 
signal, the wanted signal is restored. Thereto, in the wanted channel, the characteristic of the 
compensator 4 corresponds with an inverted version of the characteristic of the analog filter 

10 2, and in the adjacent chaimel, the characteristic of the compensator 4 is such that the digital 
unwanted signal is suppressed as much as possible, similar to the characteristic of the analog 
filter 2 being such diat the analog unwanted signal is suppressed as much as possible. 

Due to zero intermediate frequency signals comprising in-phase signals and 
quadrature signals, a fijst set of analog filter 2, analog-to-digital-converter 5 and compensator 

15 4 will be used for converting and suppressing the in-phase signal, and a second set (not 
shown) of analog filter, analog-to-digital-converter and compensator will be used for 
converting and suppressing the quadrature signal. For zero intermediate frequency receivers 
or zero IF receivers, the system 22 according to the invention is advantageous due to adjacent 
channel selectivity being realized on an analog integrated circuit before entering the analog- 

20 to-digital-converter 5. 

The prior art system 2 1 for low intermediate fi^quency signals as shown in 
Fig. Ic comprises a series circuit of an amplifier 6, an analog filter 7, an analog-to-digital 
converter 5 and a digital filter 9. Hie amplifier 6 receives a low intermediate frequency signal 
comprising not just an analog wanted signal indicated by '^v" in a wanted channel (with 

25 modulated analog and/or digital information), but also comprising an analog unwanted signal 
indicated by **unw" in an adjacent channel, etc. as already described for Fig. 1(a). Thereby it 
should be noted that unwanted signal could in principle be on both sides (upper as well as 
lower adjacent channels are possible) of the wanted firequency spectrum. Between zero and 
file lowest frequency of the wanted spectrum, some unwanted signal power could be present 

30 The system 20 according to the invention for low intermediate firequency 

signals as shown in Fig. Id comprises a series circuit of an amplifier 6, an analog filter 1, an 
analog-to-digital converter 5 and a compensator 3. The amplifier 6 receives the low 
intermediate frequency signal comprising not just the analog wanted signal indicated by **w" 
in the wanted channel (with modulated analog and/or digital information), but also 
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comprising the analog unwanted signal indicated by **unw" in the adjacent channel, etc. as 
already described for Fig. lb. 

For low intermediate frequency receivers or low IF receivers, the system 20 
according to the invention is advantageous due to adjacent channel selectivity being realized 
5 on an analog integrated circuit before entering the analog-to-digital-converter 5. 

For example, in a firequency domain, the analog filter 1,2 reduces a highest 
frequency of tiie analog wanted signal by at least 3 dB, and the compensator 3,4 improves the 
highest fi-equency of a digital wanted signal by at least 3 dB. 

Compensator 3,4 may comprise an equalizer or a digital filter etc. To improve 
10 the correspondence between the characteristic of the compensator 3,4 and the inverted 

version of the characteristic of the analog filter 1,2, the analog filter 1,2 and the compensator 
3,4 can be either matched by design to avoid any adaptivity and/or control loop in ttie 
compensator 3,4, or the compensator 3,4 can be made adaptive and/or be provided with such 
a control loop, to avoid any matching. 
IS Analog filter 1,2 and compensator 3,4 can be designed and made common in 

the art 

The amplifier 6 for amplifying the analog wanted signal and the analog 
unwanted signal of the zero/low intermediate frequency signal allows the input range of the 
analog-tOHligital-converter 5 being used optimally. Alternatively, this amplifier may be 

20 located between an output of the analog filter 1,2 and an input of the analog-to-digital- 

converter 5 for amplifying the analog output signal coming fix)m the analog filter 1,2 to allow 
the input range of the analog-to-digital-converter 5 to be used optimally. Compared to being 
located after the analog filter 1,2, the location of the amplifier before the analog filter 1,2 is 
better for achieving a low noise level. 

25 The receiver 30 according to the invention as shown in Fig. 2 comprises a 

tuner 31 according to die invention and a channel decoder 32 according to &e invention. The 
tuner 3 1 comprises a series circuit of an input amplifier/filter 1 1 coupled to an antenna for 
receiving a radio signal, a fi^quency down converter 12 like for example a mixer, the 
amplifier 6 and the analog filter 1. The channel decoder 32 comprises a series circuit of the 

30 analog-to-digital-converter 5, the digital filter 3, a decimator 13 and a demodulator 14 for 
generating a demodulated signal to be supplied to for example a man-machine-interface like 
a loudspeaker, a display, a screen etc. The input amplifier/filter 1 1, the fi-equency down 
converter 12, the decimator 13 and the demodulator 14 are fiirther disclosed and described in 
WO 00/55977. 
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Alternatively, for example equalizing can also be done later in the digital 
domain. So compensation for the analog in-channel characteristic is allowed to be done later 
than indicated in the Figures. Generally, between any two units shown in the Figures, further 
units may be present, and each unit shown in the Figures may comprise further sub-units, 
5 without departing from the scope of the appended claims. 

It should be noted that the above-mentioned embodiments illustrate rather than 
limit tiie invention, and that those skilled in the art will be able to design many alternative 
embodiments without departing from the scope of the appended claims. In the claims, any 
reference signs placed between parentheses shall not be construed as limiting the claim. Use 

10 of the verb **to comprise" and its conjugations does not exclude the presence of elements or 
steps o&er than those stated in a claim. Hie article **a*' or "an" preceding an element does not 
exclude the presence of a plurality of such elements. The invention may be implemented by 
means of hardware comprising several distinct elements, and by means of a suitably 
programmed computer. In the device claim enumerating several means, several of these 

15 means may be embodied by one and the same item of hardware. The mere fact that certain 
measures are recited in mutually different dependent cleiims does not indicate that a 
combination of these measures cannot be used to advantage. 



